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Abstract

This paper focuses on signal processing tasks in which the signal is transformed from
the signal space to a higher dimensional coefficient space (also called phase space) using a
continuous frame, processed in the coefficient space, and synthesized to an output signal. We
show how to approximate such methods, termed phase space signal processing methods, using
a Monte Carlo method. As opposed to standard discretizations of continuous frames, based
on sampling discrete frames from the continuous system, the proposed Monte Carlo method
is directly a quadrature approximation of the continuous frame. We show that the Monte
Carlo method allows working with highly redundant continuous frames, since the number of
samples required for a certain accuracy is proportional to the dimension of the signal space,
and not to the dimension of the phase space. Moreover, even though the continuous frame
is highly redundant, the Monte Carlo samples are spread uniformly, and hence represent the
coefficient space more faithfully than standard frame discretizations.

1 Introduction

We consider signal processing tasks based on continuous frames [T, 46]. In the general setting, an
input signal s, from the Hilbert space of signals H, is first analyzed into a coefficient space repre-
sentation Vy[s] via the frame analysis operator Vy. Then, V;[s] is manipulated in the coefficient
space by first applying a pointwise nonlinearity r o V;[s] and then a linear operator T, to produce
T'(r o Vy[s]), which is finally synthesized back to the signal space via V. The end-to-end pipeline
reads

H > s ViT(roVyls]). (1)

We call pipelines of the form (0l phase space signal processing. The linear operator T' models
a global change of the signal in the feature space, while the nonlinearity r allows modifying the
feature coefficients term-by-term with respect to their values.

Some examples of continuous frames are the 1D continuous wavelet transform - CWT [20],
[13], the short time Fourier transform - STFT [25], the Shearlet transform [28] and the Curvelet
transform [7]. Signal processing tasks of the form () are used in a multitude of applications. In
multipliers [37, 40} [2] [47, 3], T" is a multiplicative operator and the nonlinearity is trivial r(z) = .
Multipliers have applications, for example, in audio analysis [4] and increasing signal-to-noise ratio
[36]. In signal denoising, e.g., wavelet shrinkage denoising [15] [14], and Shearlet denoising [29], the
linear operator is trivial 7' = I and r is a nonlinearity that attenuates low values. The same is true
in shearlet based image enhancement [21I, Section 4]. In phase vocoder, T is a dilation operator
and r is a so-called phase correction nonlinearity [44] 12| 52, [32] [34) [16, 4], 45]. In analysis-based
iterative thresholding algorithms for inverse problems, the sparsification step in each iteration can
be written as () with 7= I and r a thresholding nonlinearity [22] [30].
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We note that the theory presented in this paper works also when the analysis and synthesis
in () are done by two different frames sharing the same feature space. An example application
is shearlet or curevelet based Radon transform inversion [11], 20 [9], where T is a multiplicative
operator, 7 is thresholding, analysis is done by the curvelet/shearlet frame, and synthesis is done
by some modified curvelet/shearlet frame. For simplicity of the presentation, we stick to the same
frame for analysis and synthesis. More accurately, in (B) and (@) we extend () to a pipeline based
on a frame and its canonical dual.

In this paper we study quadrature discretizations of () based on random samples.

1.1 Quadrature vs. discrete frame discretizations of continuous frames

An analysis operator of a continuous frame V; has the form
Hos5— Vj[S] = <S,f(.)> S L2(G). (2)

where G is a measure space called phase space, that usually has some physical interpretation (e.g.,
in the STFT G is the time-frequency plane), {f,}sec is the continuous frame, and L?(G) is called
the coefficient space. Accordingly, the synthesis operator V¢ has the form [46, Theorem 2.6]

VI(F) = /G F(g)fydg. (3)

As evident from the above description, phase space signal processing involves integrals, and
thus some form of discretization is required. The common approach is to sample points from G
to construct a discrete frame version {fyx}72, of the continuous frame (e.g., as in [25, 13]). For
the discrete frame, the synthesis operator reads, for (F)x € (2,

Virgno (Fibe = 3 fye P @
k=1

Note that () looks like a quadrature approximation of ([B]). However, in the standard continuous-
to-discrete frame approach, the points g* are not chosen for approximating ([@). Rather, g are
chosen so that the discrete system {fyx}52 satisfies the discrete frame inequality. Hence, the
discrete frame is related to the continuous one by the fact that fyx are sampled from f.), not
by some approximation requirement. In this paper we take a different route to discretization,
requiring that (@) approximates ([B]). Let us call the latter discretization approach the quadrature
approach.

There is an advantage in the quadrature approach over the discrete frame approach when
working with highly redundant continuous frames. To illustrate the idea, consider the STFT,
where G = R? is the time-frequency plane. Suppose that we extend G by adding to the time and
frequency axes t,w a third axis ¢ that controls the time width of the window. To discretize the
resulting continuous frame f; ., . to a discrete frame, one may simply choose to fix the window
width axis to one single value ¢ = ¢, and sample a time-frequency 2D grid (¢",w™, c°),,.m. Indeed,
such an approach would result in a standard discrete STFT, which is a discrete frame. However,
the information along the third axis is lost in this discretization. In fact, nothing in the continuous-
to-discrete frame approach forces the discretization to faithfully represent the whole continuous
phase space. In the quadrature approach, our goal is to discretize the continuous frames more
faithfully, sampling uniformly all the feature directions in phase space.

1.2 Randomized quadrature approximations of continuous frames

Our motivation is hence to discretize highly redundant continuous frames in the quadrature ap-
proach. In such situations, the dimensionality of phase space is higher than that of the signal
space, and hence using a randomized discretization makes sense. Our approach is motivated by



randomized methods in finite-dimensional numerical linear algebra, which are a prominent ap-
proach for dealing with high dimensional data [35, 50l [51], 17, 18, [10]. The goal in this paper is to
develop a similar randomized theory in an infinite dimensional setting in general separable Hilbert
spaces, namely, in the phase space signal processing setting.

Randomized algorithms in a context of continuous frames were presented in the past. Relevant
sampling is a line of work in which integral transforms are randomly discretized [5] 23], [49] [42].
While the goal in our approach is to approximate the continuous frame with a quadrature sum,
the goal in relevant sampling is to sample discrete frames from continuous frames.

We summarize our construction as follows.

Signal processing in phase space. Let V;:H — L?(G) be the analysis operator of a contin-
uous frame, and Sy = V'V be the frame operator. Since S;lVf Ve = V;‘V,«S;l is the identity
I, we consider the following two formulations of signal processing in phase space. Synthesis phase
space signal processing is defined by the pipeline

s ViTro (Vy[S;'s]), (5)
and analysis phase space signal processing is defined by
s Sj_»lVTf*TT o (Vyls]). (6)

Here, T is a bounded operator in L?(G) and r : C — C is a nonlinearity. The pipelines (5 and
([6) can be seen as working with the canonical dual frame Sf_l f [46] either in the analysis or in the
synthesis step. We suppose that Sy has an efficient discretization in the signal space H. Hence, we
would like to find an efficient discretization of the rest of the pipeline, namely, of VT'r o (Vf [s])

Mote Carlo signal processing in phase space. We study a Monte Carlo approximation of
signal processing in phase space based on the pipelines (@) and (@). We first consider a Monte
Carlo approximation of synthesis. For F' € L?(G), under certain assumptions given in Subsection
35 we consider the approximation of the synthesis operator by

* C a
WF=LF@mw”g;meh ™)

Here, {g"}£ | C G is a finite set of independent random sample points, and C is a normalization
constant.

Using this approximation, in Section @] we study the approximation rate of stochastic signal
processing in phase space (B]) and (B). The first version of the approximation reads, for the
synthesis and analysis formulations respectively,

K

s 2 (TG o VST 1) (6 o )

k=1

s slz (r o Vi[s])) (%) fy5- (9)

Under some general assumptions, we also approximate the signal processing pipelines (&) and (6l)
when T in an integral operator defined by

iT@—LmeﬂwM,

where R : G — C (Definition [6). The synthesis and analysis approximations in this case read
respectively

SH—ZZRQ ) (Ve[ST 81 (fym) fors (10)

k=1m=1



C K L
s =873 ST Ry (Vels] ) (11)

k=1m=1

Here, {g"}< |, {y™}L,_, C G are two finite sets of independent random sample points.

Methods ([I0) and (1) are useful for integral operators. Methods () and (@) are useful when
the samples (T o Vy[s])(g*) can be computed using some other samples Vy[s](y") of Vy[s], which
is the case for multiplicative and diffeomorphism operators (see Subsection [6.2)).

Summary of our main results.

e We prove the convergence of the Monte Carlo methods (8)—(II) as the number as samples
increase, and also introduce non-asymptotic error bounds. When considering discrete sig-
nals of resolution/dimension M, embedded in the continuous signal space, the error in the
stochastic method is of order O(y/M/K), where K is the number of Monte Carlo samples.

e The computational complexity of our method does not depend on the dimension of phase
space for a rich class of signal processing pipelines. This allows approximating highly redun-
dant continuous frames efficiently using sample points which are well spread in all directions
in phase space.

e As a toy application of the theory, we show how to increase the expressive capacity of the
2D time-frequency phase space by adding a third axis, and use the construction in a phase
vocoder scheme.

The proofs in this paper are inspired by the constructions in standard Monte Carlo theory
(see, e.g., [0, Section 2]), adapted to infinite dimensional Hilbert spaces.

2 Background: harmonic analysis in phase space

In this section we review the theory of continuous frames, and give the two examples: STFT and
CWT. By convention, all Hilbert spaces in this paper are assumed to be separable. The Fourier
transform F is defined with the following normalization

[Fsl(w) = 5(w) = /R s(t)e- 2ty [F8)(t) = /R 5(w)e it doy, (12)

We denote the norm of a vector v in a Banach space B by |[v||z. For a measure space {G, 1}, we
denote interchangeably by

1, = 10w = (| Fa)P du(o)

the p norm of the signal f € LP(G), where 1 < p < oo, and denote interchangeably

1£loe = 1l ) = €58 supge | £(9)]

for f € L>°(G). We note that an equality between two LP functions is by definition an almost-
everywhere equality. We denote the induced operator norm of operators in Banach spaces using
the subscript of the Banach space, e.g., for a bounded linear operator T : LP(G) — LP(G), we
denote [|T'[|,. When we want to emphasize that the norm is an operator norm, we also denote
17|

p—p’



2.1 Continuous frames

The following definitions and claims are from [46] and [24] Chapter 2.2], with notation adopted
from the later.

Definition 1. Let H be a Hilbert space, and (G,B, ) a locally compact topological space with
Borel sets B, and o-finite Borel measure . Let f : G — H be a weakly measurable mapping,
namely for every s € H

g = <Sa fg>
is a measurable function G — C. For any s € H, we define the coefficient function
Vils] : G = C , Vyls(g) = (s, fa)y - (13)

1. We call f a continuous frame, if V¢[s] € L*(G) for every s € H, and there exist constants
0 < A< B < oo such that , , ,
Allsllz, < IVs[s]lly < Bllsllz (14)

for every s € H.
2. If it is possible to choose A = B, f is called a tight frame.

3. We call H the signal space, G phase space, Vy the analysis operator, and V' the synthesis
operator.

4. We call the frame f bounded, if there exist a constant 0 < C' € R such that
Vge G, ”fq”ﬂ <C.

5. We call Sy = V{Vy the frame operator, and Qs = VyV} the Gramian operator.

6. We call f a Parseval continuous frame, if Vi is an isometry between H and L*(G).
Remark 2. A frame is Parseval if and only if the frame bounds cane be chosen as A =B = 1.

For the closed form formula of the synthesis operator V', we recall the notion of weak vector
integrals, also called Pettis integral, introduced in [43].

Definition 3. Let H be a separable Hilbert space, and G a measure space. Let v : G — H be a
mapping such that the mapping s — fG (s,v(g)) dg is continuous in s € H. Then the weak vector

integral (or weak H integral) is defined to be the vector fg v(g)dg € H such that

wen [ oo = (s [ otoda).

The existence of such a vector is guaranteed by Riesz representation theorem. In this case, v is
called a weakly integrable function.

Given a continuous frame, the synthesis operator can be written by [46, Theorem 2.6]

Vit = [ F@ds (15)
Definition 4. The frame kernel K¢ : G* — C is defined by
Kf(g,g/) ={fg: fg) = Vf[fg](g/)- (16)

The following result is taken from [24], Proposition 2.12].

Proposition 5. The Gramian operator Q¢ is an integral operator with kernel K. Namely, for
every F € L*(G)

Q/F)() = /G F(g)K1(g.')dg. (17)

For a Parseval frame, the image space V;[H] is a reproducing kernel Hilbert space, with kernel
K¢(g,-), and the orthogonal projection upon Vy[#] is given by the Gramian operator Qf = V; Vi



2.2 Examples

An important class of Parseval frames are wavelet transforms based on square integrable repre-
sentations, which we call in this paper simply wavelet transforms. We refer the reader to [24]
Chapters 2.3-2.5], and the classical papers [19, 27]. The wavelet system in the general theory is
generated by fixing one signal f € #, that is typically called the mother wavelet or the window
function, and applying on it a set of transformations {w(g)f | ¢ € G}, parameterized by a locally
compact topological group G. The Haar measure is taken in G, and 7 : G — U(H) is assumed to
be a square integrable representation, where U(H) is the group of unitary operators in H.
The wavelet transform is defined by

Vit H— L2(G) ) Vf[S](g) = <S,7T(g)f>.

For any two mother wavelets fi; and fa, the reconstruction formula of the wavelet transform is
given by
e VA6 = s [ Vo) d
5= L (s) = - [s](g)m(g) f2 dg.
(Afs, Afty 27 T (AR AR Jo
Here, A is a special positive operator in H, called the Duflo-Moore operator, uniquely defined for
every square integrable representation 7, that determines the normalization of windows.

The short time Fourier transform. The following construction is taken from [25]. Consider
the signal space L?(R). Let 7 : R — U(L?*(R)) be the translation in L?(R), defined for z € R
and f € L*(R) by [T(z)f](t) = f(t — z). Let M : R — U(L?*(R)) be the modulation in L?(R),
defined for w € R and f € L*(R) by [M(w)f](t) = €™ f(t). Denote m(z,w) = T (z)M(w). For
a normalized window f, the mapping

R? 5 (z,w) — 7(z,w)f

is a Parseval continuous frame, with the standard Lebesgue measure of the phase space R?. The
resulting transform Vy[s](z,w) = (s, m(x,w) f) is called the Short Time Fourier Transform (STEFT).

2.2.1 The 1D continuous wavelet transform

The following construction is taken from [26] [[3]. Consider the signal space L?(R), and the
translation 7 as in the STFT. Let D : R\ {0} — U(L*(R)) be the dilation in L?*(R), defined for
7 €R\ {0} and f € L3(R) by [D(7)f](t) = ﬁf(%) The set of transformations

A=A{T(@)D(7) | (z,7) € R x (R\ {0})} (18)

is closed under compositions. We can treat A as a group of tuples R x (R \ {0}), with group
product derived from the compositions of operators in ([I8). The group A is called the 1D affine
group. The mapping

w(x,7) =T (z)D(7)

is a square integrable representation, with Dulfo-Moore operator A defined by [FAF*f](z) =
\/—1‘—‘ f(2), where F is the Fourier transform. The resulting wavelet transform is called the Con-

tinuous Wavelet Transform (CWT).
Next, we show how the CWT atoms are interpreted as time-frequency atoms, and the CWT
is interpreted as a time-frequency transform. Here, by changing variable w = %, we obtain the

Parseval frame
{7 (2, w) [ }(zw)erx R\ {0})
based on the representation 7/(z,w) = T (z)D(w™!). The parameter w is interpreted as frequency.

The mapping 7’ is a representation of the 1D affine group with the new parameterization w = %,
in which the Haar measure is the standard Lebesgue measure of R x (R '\ {0}).



3 Elements of stochastic signal processing in phase space

In this section we develop basic approximation results that will be used later in the paper to bound
the approximation error between the signal processing pipelines (B]) and (@]), and their stochastic

approximations ()—(T).
3.1 Phase space operators

We start by defining integral operators in the coefficient space.

Definition 6. Let T be a bounded linear operator in L*(G), where G is a locally compact topological
space with o-finite Borel measures.

1. We call T a phase space integral operator (PSI operator) if there exists a measurable function
R:G x G — C with R(-,g) € L*(G) for almost every g € G, such that for every F € L*(G)

TF—LR@@H@@. (19)

2. A phase space integral operator T is called uniformly square integrable, if there is a constant
D > 0 such that for almost every g € G

IRC, 9)l 12y = |R(¢', 9)° dg’ < D. (20)
(@) G

Example 7. The Gramian operator Qs of a continuous frame is a phase space operator by Propo-
sition [3, with ||Q¢ll, < B. If f is bounded, with bound ||f,ll,, < C, then Qy is uniformly square
integrable with bound

HMmM=¢LWMJWW=¢LM%MW@KBWG

3.2 Sampling in phase space

Let F € L*(G), and let f be a continuous frame. The phase space G in general does not have
finite measure, and thus uniform sampling is not defined on G. However, when G has infinite
measure, functions F € L?(G) must decay in some sense “at infinity”, so it is possible to restrict
our sampling to a compact domain in G, in which F' has most of its energy. More accurately, since
G is o-finite, it is the disjoint union of at most countably many sets of finite measure. Namely,
there are disjoint measurable sets X, of finite measure, with J, .y X» = G, such that for every

F e L*(G)
S [ @R dg = X 1Pl )

neN neN
Denote G, = |Jj_, Xn, and note that |J,,cy Gn = G. Now, [2I)) is equivalent to

nma@=LW@ﬁm=

2 . 2
||FHL2(G) = nhjgo ||F||L2(Gn) ‘

Thus, for every € > 0, there exists an indicator function 9. (that depends on F') of a measurable
set of finite measure |[1)c|,, such that

[VeF — Fll; <e. (22)

In our analysis, we allow more general forms of envelopes ..



Definition 8. An envelope is a positive ¢ € L'(G) N L>=(G) satisfying ||¢], <1

Given an envelope 1, samples can be drawn from G according to the probability density %.
1

In the following analysis we fix an envelope 1. = v independently of a specific function F' € L?(G).
This is the common approach in classical signal processing, where a compact frequency band [a, b]
is predefined independently of a specific signal. It is implicit that we can only treat signals having
most of their frequency energy in [a,b]. Any frequency information outside of [a,d] is lost or
projected into the band. In Section Bl and specifically Definition 25 we study the support of ¢
required to capture most of the energy of discrete signals.

3.3 Input sampling in phase space operators

Given a PSI operator T' with kernel R, in this subsection we sample the input variable g of R(¢’, g),
and keep the output variable ¢’ continuous. In Subsection [4] we show that sampling the output
variable ¢’ is a special case of the framework developed in this subsection. Let 1 be an envelope,

and g € G be a random sample according to the probability distribution Hl/EH) Define the random

rank one operator T%!, applied on F € L?(G), by

g~ (TY'F)(g) = l¢ll, R(-, 9)F(g).

We also denote TY1F(g';g) = ||v[|, R(¢',9)F(g), where ¢’ is the variable of the output function
TY'F. Next, we define the Monte Carlo approximation of TF as a sum of independent T%'F
vectors.

Definition 9 (Input Monte Carlo phase space operator). Let T be a PSI operator in L*(G)
(Definition[8), 1 an envelope, F € L*(G), and K € N. Let G, =G, k=1,...,K, be K copies of
G, and let {gk}kK 1 denote a random sample from G1 X ... x Gk with the probability distribution

Hk 1 IWH . Le tTw’lF Gy — L*(G) be the random vectors defined for g* € Gy, by [T F](g*) =
[TY1F)(g"), k =1,..., K. Define the random vector T*"*F : Gy x ... x Gx — L*(G) by

K K

TOREN g 0) = Y TP 0 = LS R RN (29
k=1 k=1

We call TV F the Monte Carlo phase space integral operator applied on F and based on K
samples, approrimating TF.

When the envelope 1 is fixed throughout the analysis, we often denote interchangeably T5 F =
TY-KF. In the following we fix an envelope 2.

Remark 10. Note that T*F is a random variable — a function with ({g*}_,, ') as the variable.
Thus, we can sample L?(G) vectors in (23), which are equivalence classes of functions, without
requiring any continuity assumption on R(-,-)F(--). Indeed, T*F is defined up to a set of tuples
({g*}YE_ |, ¢') of measure zero.

The expected value E(TEF) € L%(G) of TXF is a function in L?(G), defined by

K _ K N1 K1/1(91) 1 1/)(91() K
E(T F)—/GK[T F1(();9% ... g )||¢||1dg Tl dg™.

We define the variance V(TX F) as the integral

2 1(g") V(") |k
d
ol T

Given an envelope 1, by abuse of notation, we also denote by v the multiplicative operator

v LHG) = L*(G) , [¥Fl(g) = v(9)F(9)-

V(TEF) = /GK [[T5F)(():g's ..., 9") —EY(TKF)| dgt ...



Proposition 11. Let T be a PSI operator, and F € L?(G). Then,
1. the expected value E(TE F) is in L?(G) and satisfies

E(TXF) = T(yF), (24)
2. if T is a uniformly square integrable PSI operator, with bound D, then
1
V(TKF) = EV(TlF) e L'(G), (25)

and [V(TEF)|, < % 4], D?||F ;-
The proof of Item 1 of Proposition [I1] follows directly from the definition of PSI operators
(Definition []). Indeed, for T'F,

Y(9)
(I

and for T¥ we use linearity. The proof of Item 2 of Proposition [[1]is in the next subsection. We
next bound the average square error in approximating T[/F] by TFF.

E(T'F)(¢') = /G loll, R(e'» 9)F(9) 2\ dg = T F) (),

Proposition 12. Let f be a continuous frame, and T a uniformly square integrable PSI operator
with bound D. Then

e(|rxF - rwr)}) < o 2.
Proof. By the Fubini-Tonelli theorem, and Proposition [I]
E( |75 F — T(1/)F)H§)
= [ [Ir<n@ia.....s) - Twr) )
dg'v(g")/ Wl w(g™) /¢l dg" ... dg"™
= v pye) ), < Mo e,
O

The expected error in Proposition is pointwise in F'. We note that an operator expected
error bound of the form “E HTK — T(w())Hi = O(%)” like in the finite dimensional matrix
operator case [48] is not possible. Indeed, for any sample set {g*}X_, there is a normalized function
F € L*(G) supported in G\ {gF}fZ |, so TKF =0 and |T5 = T(v())|, > |TXF - T(F)||, =
|T(¥F)||y. We thus focus in this paper on pointwise error estimates.

The following is an important special case of Propositions [[1] and

I

Corollary 13. Let T'= Qy = VyV} be the Gramian operator of a bounded continuous frame with
Il fgll;, < C and upper frame bound B. Let Ky be the frame kernel. Then, we have

K
W S™ Pty (6", (26)
k=1

Q=

and
E(QF F) = Qf(¢F).

Moreover, Q¢ is a uniformly square integrable PSI operator with bound BY2C, and

2\ _ [l 2
E(Qf F - QrwPl;) < 2L BC? |IF;.
Proof. By Example[7, Q; is a uniformly square integrable PSI operator with bound B'/2C. The
rest of the results follow from Propositions [I1] and O



3.4 Proof of Proposition [11]

The proof is based on the following lemma.

Lemma 14. Let T be a PSI operator with kernel R(g’, g), let 1 be an envelope, and let F € L*(G).
Then the following holds.

1. The expected value of T'F satisfies
E(T'F) = T(yF). (27)
2. If T is a uniformly square integrable PSI operator, then V(T1F) € LY(Q), and
V(T'F) = (\T F| ) BT F)[ (28)

Here, ‘TlF‘z is the function (g;¢') — ||¥|l, R(¢, 9)F(9)|?, and expected value is with respect
to the random variable g.

3. If T is a uniformly square integrable PSI operator, with bound D, then
2
V@R, < 19l D IF]l; - (29)

Proof. Part 1 was shown in the discussion below Proposition [IIl For parts 2 and 3, we write

) Z/G\[TlF](g’; m)d

— 2Real / [T'F)(g';9)E(T'F)(g’)

Ly 9
+ [ s

We first use the Fubini—Tonelli theorem to prove integrability with respect to ¢’ of the first term
of [B0). By the fact that 7" is uniformly square integrable (Definition [612), and by ||| <1

/"/J(g) o / 2 5 2
L el agia =, | [ ingofairoPvas
< ol D* 1713,

P(g)
d
el

so [ |[[T'F)(¢q’;9) 2 %dg € LY(@G) with respect to g’. For the second term of (B0), we have

//mm mmm>myw

// (¢',9)F(9)(9)dgTWF)(§)dg' = |ETF)||.

This leads to (28). By the non-negativity of the integrand in the definition of V(T F)(g’), we

can write HV(TlF)Hl JoV(T'F)(g')dg', so by 28) and @BI), we get ([29).
o

Proof of Proposition[11. Part 1 was shown in the discussion below Proposition [[1l Next we show
Part 2. By the Fubini—Tonelli theorem, we have

IvTem, =
2

/ ’ ! —-K 1 1 K K (32)
Fl(g") —E(T"F)(g)| dg' vl ¥(g")dg' (g™ )dg

GK

10



When expanding the product in (32]), we have the term
2 -K
L. | Z ITRF)G") ~ BTSE)G dg’ [l (g .60 g™,
and mixed terms, for k # K/,

L | 7 (2P~ BT FY) <

(T8 FI(a¥: ) = B(TRF)(g) ) dg' |61 w(g")dg* ... (" )dg™
1 i / 1
- [ [ (mire o) ~Brsr)

/G (ITEF)(9"s9) — BTEF) () ) 10l (g")dg® dg’ [lwlly " (o™ )™,

which are equal to zero, since

| (tFistsd) ~ BT P @) 101 (e dg*
- /G TAF)(6 o) [ $(e")dg* — E(TLF)(g') = 0.

Here, the fact that ([T,&,F](gk/;(-)) —E(TKF)(-)) € L2(G) for a.e. ¢g¥, and the fact that

|\1/)||;1 ¥(g*)dg* and Hl/)”;l Y(g* )dgF are probability measures, justify the above use of Fubini’s
theorem.
We thus have, by part 3 of Lemma [14]

s, = [ [ 3| (mRese) - 2an)[
k=1

dg' ||0]1; ¥ w(g)dgt . . . (g™)dg™

=

(ITEF1(6: o) ~ BT P)G)[ dg’ [0l 05" )dg*

= I

1 1 1
=72 ZV(T@F) = ZV(TF) < 2 [wll, D* | FI;
k=1

3.5 Monte Carlo synthesis

In this subsection, we use the results of Subsection to define and analyze the Monte Carlo
approximation of synthesis.

Definition 15. Let ¢ be an envelope and {g*}X_, random samples as in Definition [ Given
F € L*(Q), the Monte Carlo synthesis Vf*w’KF is the random variable GX — H defined as

2 ZK
*"/"7KF — 1 F k
Vf K —~ (g )fq

When the envelope 1 is constant in the analysis, we often denote the Monte Carlo synthesis in
short by V¢ K. The following proposition formulates the Monte Carlo synthesis using the Monte

Carlo PSI operator Q;‘f approximating the Gramian operator Q (Corollary [3]), and the frame
operator Sy.

11



Proposition 16. VJZ*KF = S;IVf*Q?F
Proof. By linearity, it is enough to prove for K = 1. By the fact that Sy = V'Vy,

SFWVIQF = SV [yl F9)K(g,)
= [lll, F(9)S; Vi Vi(fy) = 10, F(g)fy = V}'F.

Next, we show that VJZ*K F approximates V} [ F].

Proposition 17 (Synthesis Monte Carlo approximation rate). Let f be a bounded continuous
frame with frame bounds A, B, and ||f,||,, < C. Let ¢ € L*(G) be an envelope. Then

I\wlll

ll3¢

E( (Vi< F=-viwFl;, ) < S5 C2IF;.

Proof. By Proposition [[6l and Lemma 35 of Appendix [B]
V7P Vi wEll,, = ||S7'Vi QF F = S71vi Qs wFl|
= |lvi (@ F - @stwr))| (33)
< vt 1QF F - Qslwrlll, < A2 @ F - QslwFl] .-

Indeed, by the frame bound A2 |[s||,, < ||Vys]|l, for s = V' F

—1/2 —1/2 —1/2
|vir|, < a2 vivir| = a2 |1 Pyao P, < A2 F,.

Now, the result follows from Corollary 13
O

4 Stochastic phase space signal processing of continuous
signals

In this subsection we formulate and analyze the Monte Carlo approximations (8)—(IT) of the signal
processing in phase space pipelines (&) and (). In Subsection we bound the expected value of
the error, and in Subsection we bound the concentration of measure of the error.

4.1 Definition of stochastic phase space signal processing

For Parseval frames (Definition [116), the frame operator is Sy = I, and hence signal processing
in phase space takes the form Py, := ViTroVy. We call Pyr, Parseval signal processing
in phase space even if f is non-Parseval. For non-Parseval frames, synthesis and analysis signal
processing in phase space involve the multiplications Pf_,T_,TS]?l and S;1PJ»7T7T respectively. Since

HS ]71 H < A7 < 00, it is enough to bound the error entailed by randomly approximating Py, 7.,
Toll2

and then multiply the bound by HSf_lH for non-Parseval pipelines. We hence focus only on
2

Parseval signal processing in our analysis.
As discussed in Subsection B.2] sampling in phase space requires enveloping. We hence formu-
late the following list of signal processing pipelines.

Definition 18. Let f be a continuous frame over the phase space G, T be a bounded operator in
L*(G), r:C— C, and v,n € L*(G) two envelopes. Let s € H denote a generic signal.

12



1. A signal processing pipeline is defined by

Pyrrs=ViT(roVy[s]). (34)
2. An output enveloped signal processing pipeline is defined by

Py pps = ViYT(ro Vy[s]). (35)
3. An input-output enveloped signal processing pipeline is defined by

7’}/%7#3 = ViyT (nr oVy [s]) (36)

The following list of Monte Carlo approximations correspond to the pipelines of Definition [I8]

Definition 19. Let Ps 1, be a signal processing pipeline, ¢ and n two envelopes, and K, L € N.
Let s € H denote a generic signal.

1. The output stochastic signal processing pipeline is defined by
[Pslyr, = Vi (T(ro Vyls))) (37)

2. For a phase space integral operator T, the input-output stochastic signal processing pipeline
is defined by
K, L *, K ,
[Ps] it = ViR (T (r o Vi[s))) (38)

We typically fix f, T, and r, in which case we omit them from the pipeline notation and denote
P, P¥, P¥K etc. Equations (8)—(II) give explicit formulas for the synthesis and analysis formu-
lations of [Ps]¥-KinL and [Ps]¥-¥ based on the samples in phase space. As noted in Subsection
[[2] the pipeline (37) is useful for multipliers, shrinkage, and phase vocoder, and the pipeline (B8]
is useful for PSI operators.

4.2 Expected error in stochastic phase space signal processing

In the following, we estimate the error of the stochastic methods.

Theorem 20. Let f be a bounded continuous frame with bounds A, B, and | fy|l;, < C. Let T
be a bounded operator in L*(G), and r : C — C satisfy |r(x)| < E|z| for some E > 0 and every
x € C. Let ¢ and n be two envelopes, and K,L € N. Then, for every signal s € H, the following
two properties hold.

1. Output enveloped signal processing stochastic approximation:
2 ¥l - 201112
E([|Ps]* — [Ps]|f5, ) < ot AT B2 C2E? T3 lsl

2. Input-output enveloped signal processing stochastic approrimation:
if T is a uniformly bounded PSI operator with bound D, then

E( ([Ps]¥RmE — [ps]wmni)

< 4l DR ol + 16 A B DR

e (AL

_ H77H1 |W)||1 ||‘/’||1H77H1 2
—O( T + i + KL lIsll3, -

13



We use the following simple observation to prove Theorem

Lemma 21. Let Z1, Z>, Zs be non-negative real-valued random variables such that Z1 < Zo + Z3
pointwise in the sample set. Then,

E(2}) < 4E(Z3) + 4E(Z3), (39)

Proof. We have Z; < 2max{Zs, Zs}, where the maximum is pointwise in the sample space.
Therefore, Z7 < dmax{Z3,Z3} < 472 + 4Z3, and ([39) follows. O

Proof of Theorem [201. We prove 2, and note that 1 is simpler and uses similar techniques. Denote
by g = {g%,..., 9%} the output samples underlying V;”/”K, and by y = {¢%,...,y*} the input

samples underlying 7L, Denote F = r(V¢[s]) € L?*(G). By the triangle inequality, and by the
fact that [|Vy|| = va* < BY2and 0 <4(g) <1,

T

" (40)

< |vio<rrtp — viwTriE ||+ B2 ||TEE - TiE,-
’ H

2
When calculating the conditional expected value of ||V v Llp ViyTInk ]H , with respect
: H
to a fixed g (denoted here by E( - |g)), we use Lemma 21l and Proposition [I2 to get

2
(e - viomar o
H
2
LR ([ A A AT WO
Thus

2
*h, K *
o( [y roer v
2
<l e 45 ( HV*WTMF - V’»‘@bT"’LFH ).

L ! f M

Note that Fubini-Tonelli theorem is satisfied in the computation of
2

IE( HVf*w’KT"’LF — Vf*z/JT"’LFHH> as a repeated integral of y and g, since the integrand is posi-

tive and the measure is o-finite.
Next, by Proposition 7]

2
E V*quTn,LF_V*an,LF y S ||¢||1 A71B02 HTn,LFH2.
f f o K 2

Now

3

|77 EF |, < ||T7EF — TnF)||, + ITHF]l,
so by Lemma [2T] by Proposition [[2, and by the fact that 0 < n(y) <1,
2
T,
H
¥l ,— 7]l 2 21 P12
< 1A= Be? (4101 02 | FI + 41T | I3 ).
K L
Altogether,
2
s(|vjo*mvee - viemn’)
<4 lInlly D2B ||F||2 + 16—”1/}”1 A_lBCQMD2 ||F||2
SATT 2 K L 2

. 16%,4—1302 ITI3 1F 113 -
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2 2
< E?B||s3,-

The claim now follows from HFH% = ||ro Vy[s]ll5

O

4.3 Concentration of error in stochastic phase space signal processing

Propositions and 7 and Theorem estimate the average square error of the stochastic
approximations. In this subsection, we formulate the approximation results as bounds on the
error that hold in high probability. We show how to apply the classical concentration of measure
estimates, Markov’s inequality, and Bernstein’s inequality, in our setting.

4.3.1 A Bernstein inequality in Hilbert spaces

In the following version of Bernstein’s inequality, we define expected values of weakly integrable
random vectors v over the sample set G using the weak integral (Definition Bl) as E¥(v) =
fc“; v(g)du(g). The following version of Bernstein’s inequality is a direct result of [8, Theorem
2.6], and is proved in Appendix [Al

Theorem 22 (Hilbert space Bernstein’s inequality). Let H be a separable Hilbert space, and G
a probability space. Let {vk}szl : GK — HE be a finite sequence of independent random weakly
integrable vectors. Suppose that for every k = 1,..., K, E¥(v;) = 0 and ||vk|y, < B a.s. and
assume that p3 > Zszl E ||vk|\i for some constant px € R. Then, for every 0 <t < p% /B,

P >t <o ¢ 1 (41)
xp| —=— +- .
H_ = &P 8p% 4

We note that existing variants of Bernstein’s inequality in infinite dimensional Hilbert spaces
are not adequate for us. For example, the operator Bernstein’s inequality of [38] is limited to trace
class operators, and thus does not even include the identity.

K

>

k=1

4.3.2 Concentration of error results

Markov type concentration of error results can be derived from Propositions and [I7 and
Theorem 20, by multiplying the error bound by 6!, and replacing the expected value with an
event that has probability at least (1 — §). For example, the Markov type concentration of error
version of Proposition [ reads

H1/)||1

[V F - viwF|f;, < e L Fr

in probability more that (1 — ¢).
The following proposition summarizes the Markov and Bernstein types concentration of error
bounds in output stochastic signal processing.

Theorem 23 (Output signal processing concentration of error). Let f be a bounded continuous
frame with frame bounds A and B, and with ||f,||;, < C, let ¢ be an envelope, and K € N. Let T
be a bounded operator in L*(G), and r : C — C satisfy |r(z)| < E|r(x)| for every x € C, where
E>0. Let s € H and 0 < 6 < 1. Then, with probability more than 1 — §, we have

J(Ps1*H = (Pl < LA 2BCE T, sl (), ()

where k(8) can be chosen as one of the following two options.

1. Markov type error bound: x(8) =67z,

15



2. Bernstein type error bound: (8) = 2v/24/In (%) + 1 in case |T||,, < oo and K satisfies

C Tl BV,
> eS) .
K 2 o (g7 s * 2r) < (43)

Proof. We prove 2 and note that 1 is simpler and based on Markov’s inequality. Denote F' =
Tr(Vyls]). Below, we use the following bounds

[Flloe = 1Tr(VisDll oo < 1Tl EC sl (44)
1Flly = | Tr(Velshlly < I Tlly BB slly, - (45)
and
B'2C||F||, + B Fll, < (46)
||1/)||
where

J = BY2C2E|T||, |l + BYE|T|ly 5]l -

||¢||1

We use Theorem [22] as follows. Define the independent random vectors

v GF o I2(G), uilg) = o (QU6NF ~ QuuF), k=1, K

where the sample set is {G* ; HkK 1 Tﬁwg” )dg }. By Corollary I3 E¥(vi) = E(vg) = 0, and

E(||lvg]|2) < L8k BC2 ||F||2. Therefore, by (@5),

K

||1/1|| 1]l
S E(v L BC? IF|2 < BB 1715 11513, -
k=1

Moreover, by Proposition [l Example[7, and (@), for every g* € G

1
e ->F<gk>HQ +lsFl,)
I,

1911 ( p1/2
_ 1wy .
< (B ClFlle + 7 BIIFII) % 7
1
Hence, by Theorem 22} for every 0 <t < B2C?E? ||T||§ ”SH?-[ /]
2 K 1

P(||QFF - Qs(wF)|,>1) < - 4) "
(lefF-Qswm, = )—exp< 8B2C2E2 | TI2 [5]1%, ||w||1+4> o

Now, set

PY 2 K N 1
= Xp _ _ ,
8B2C2E2||T|3 |1s|5, ¥l 4

1
= VB[ 10(6) + {BCE Tl sl Y2,

or equivalently

and demand 0 < t < B2C2E2 | T|3 |s|j3, /., namely,

VIl
VBy/— In(8) + BCE||T||2|| slhy 2t < BACPE? 113 11813, /-
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This gives, in probability at least (1 — §),

|QKF — QguF|,, < BCE|T], sl —Vj_‘f(”ln@),

whenever k satisfies ([@3)). Last, using Proposition [[6 and (B3], we get
[[Psl?* ~ (P, = S5 Vi QFF = 7 viQuuE|
—1/2 ||k
< AT (QFF = Qe |,
O

5 Stochastic phase space signal processing of discrete sig-
nals

In previous sections we showed how to randomly discretize phase space. In Theorems 20 and 23]
when the number of samples satisfy K, L = Z max{||¢|,,|nl;}, for Z > 0, the approximation
errors are of order O(Z~1/2). In this section, we additionally discretize the signal space H to a
finite dimensional subspace Vjy C H of dimension/resolution M € N. The main goal is to relate the
choices of ||¢||; and [|n||; to the resolution M. We introduce a class of frames, called linear volume
discretizable (LVD) frames, for which there are envelopes 1y and nas with [|¢ar|; , [[na]]; = O(M)
that contain most of the energy of Vy[sa] for every sps € V. Thus, a stochastic signal processing
method for LVD frames requires K, L = ZM samples, with Z > 0, for the approximation error to

be O(\%)

5.1 Discrete signals and linear volume discretization of frames

We treat discrete signals as embedded in the Hilbert space of signals H. A discrete signal is an
element of a finite dimensional subspace of H. On the one hand, we can analyze discrete signals
directly in H. On the other hand, discrete signals are determined by a finite number of scalars,
so they are well adapted to numerical analysis. In our analysis, we sometimes restrict ourselves
to a class of signals R C ‘H which need not be a linear space. We typically consider R defined by
imposing a restriction on signals in H which is natural for real life signals of some type.

Definition 24. Let H be a Hilbert space that we call the signal space. A class of signals R C H is
a (possibly non-linear) subset of H. A sequence of discretizations of R is a sequence of (generally
non-linear) subspaces {Vay C H}SG_, that satisfies the following condition: for every s € R there
is a sequence {syr € Var}3y_, such that

Tim[lsar = s, = 0.

The resolution dim(Vas) of Vi is defined to be the dimension of spanVjy.

The idea in discretizing a continuous frame is to find an envelope 1y for each discrete space
Vi such that for any sy € Vi, the approximation error of Vy[sas] by ¥aVy[sa] is controlled.
The envelopes 1) are interpreted as covering domains Gy C G in which most of the energy of
functions from V;[Vis] resides.

Definition 25. Let f : G — H be a continuous frame. Let R C H be a class of signals, and
{Vim}25_, a discretization of R.

1. The continuous frame f is called linear volume discretizable (LVD) with respect to the class
R and the discretization {Var}33_, if for every error tolerance ¢ > 0 there is a constant
C. >0 and My € N, such that for any M > My there is an envelope p; with

[¥arlly < Cedim(Vir) (48)
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such that for any sy € Vy,

Vi [sar] — on Vi [salll,

1V ull, (49)

2. For a linear volume discretizable continuous frame f with respect to R and {Var}35_,, and a
fized tolerance € > 0 with a corresponding fized C. and envelope sequence {{ar}35_, satisfying
(#8) and {{9), we call f together with R, {Vam}so_;, and {¢Ym}S5_,, an elinear volume
discretization (e-LVD) of f.

5.2 Error in discrete stochastic phase space signal processing

Next, we study the error in discrete stochastic phase space signal processing of LVD frames. Since
the energy of V¢[sas] may be shifted after applying an operator 7' on Vy[sas|, we first introduce
the following definition.

Definition 26. Let G be a phase space, T a bounded linear operator in L*(G), ¥ and n two
envelopes, and € > 0. We say that T maps the energy of 1 to ¢ up to ¢, if

T — T,y < e (50)

The next theorem summarizes the expected approximation error in stochastic signal processing
with e-LVD frames.

Theorem 27. Let f be a bounded continuous frame with bound || f4||,, < C. Letr : C — C satisfy
|r(z)] < E x|, where E > 0. Suppose that f together with the signal class R, the discretization
{Vim}_1, and the envelopes {nap}S—y, is an e-LVD of f, with constant Ce. Let {pr}55-1 be a
sequence of envelopes satisfying

[¥arlly < Cedim(Vag). (51)

Let T be a bounded operator on L*(G) that maps the energy of nar to V¥ up to e. Then, the
following two bounds are satisfied for every sy € Var.

1.
2
K
E( ||Psuly = Psulsra|, )
lsarll3, (52)
C.dim(V,
< g CedimWVar) o1 g2 o T\ + 4B*E2(1 + 2| T||,)%€2

- K
2. If T is a uniformly square integrable PSI operator with bound D, then

)

( H Pl ™" — [Psulprs

a3

. 2 1: 2 53
< 160€d1m(VM)D2BQE2 + 64 Cedim(Vir) A1 B2C2 D22 (53)

L KL

C.dim(V;
- 6471];1{( M) 4 RO ER T + ABRER (L + T2,
Proof. We first prove (53)). By Lemma 2]
‘ 2

B Pou 5 ~ oyl ) o)
54

< 4E( H['])SM]wM,K;nM,L _ [PSM]meMHj-L) 14 H[pSM]meM _ [PSM]Hj.[ )
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Next, we bound the second term of (B4)).

[Psarl# e = Pl = [VivenT (maar o Vilsail ) = Vi (r o Vilsad) |
< B2 H;/;MT(WT o Vylsul) = T(ro Vilsu))
< BY2 | Ty o Vilsa] = darTnnr o Vi[sall,

+ BY2 || Tr o Vi[sn] — Tiner o Vi[sall,
< BY2||Toar — om Ty lIr o Vi[sadl,
+ B2 T, |r o Vilsar] = mar o Vi[sad]ll
< BeE ||sarlly + BY2 Ty [|(1 = nar)r o Vilsadl, -
For the second term of the last line of (B5), by the LVD property,
11 = mar)r o Vilsallly < EllnaVilsa] = Vilsullly < €EBY? [lsarlly, (56)

To conclude, (B4) together with (B5), (B6), and Theorem 20 give ([B3).
Next, we prove (52)). As before,

.

2
E( ||[Psa {35 = [Psuls.rr
(H Mj’T’ MIfT 'H)2 , (57)
< 4E( [Psar]P™ 5 — [Psp]¥™ HH) +4[|[Psar]?™ — [Psadl|[5, -
We bound the second term of (57) using (B0) and ([G6]) by

||['PSM]¢JM - [PSM]HH = ||Vf*1/JMTT o Vf[SM] - V;T’I“O Vj[SM]H,H

< BY2|Tr o Vilsnm] = Tnarr o Vilsullly,
+ BY2 | Tyarr o Vi) — daTnuer o Vilsullly,
+ BY/? l¥arToaer o Vs — YT o Vi[sul]lly,
< BY2 Ty 7o Vilsn] = nar o Vi[sarllly (58)

+ BY2 | Toar — oaaTina gy 1m0 Vilsarllly
+ B2 |Tly marr o Vylsar] = o Vylsallly,
< BY2|T|lyeEBY? ||sully + BY2eEBY? sy + B2 ||T|ly eEBY? |lsa
=BEQ|Tly+ 1) sy -
This, together with (57)) and Theorem 20, leads to (B2).
o

Next, we formulate concentration of error results for LVD frames. A Markov type concentration
of error result can be derived directly from Theorem For a Bernstein type error bound, we
offer the following theorem only for the output stochastic signal processing pipeline (Definition

@a1).
Theorem 28. Consider the setting of Theorem [Z7.1, and suppose that |T||,, < oo. Let § > 0,

k(8) = 2v/24/In (%) + 1, and K satisfy [{3). Then, in probability more than (1 —§),

|Psulytt = Powlsr |,

l[snrll5 (59)
\/ Cedlm(VM) _
< TA Y2BCE T, 5(8) + BE@2|T|, + 1)e.
Proof. The proof follows from (B8)) and Theorem [2312, similarly to the proof of Theorem 2711.
O
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5.3 Discrete stochastic time-frequency signal processing

In this subsection we present a discretization under which the STFT is LVD. In the companion
paper [33] we present a discretization under which the CWT is linear volume discretizable. We
analyze time signals s : R — C by decomposing them to compact time interval sections. Without
loss of generality, we suppose that each signal segment is supported in [—1/2,1/2]. Focusing on
one segment, we take the signal class R as L*[—1/2,1/2]. Let Vi be the space of trigonometric
polynomials of order M (namely, finite Fourier series expansions). In the frequency domain, signals
q € Vs are represented by

M
4(z) = Z cpsine(z — n)
n=—M

where ¢, are the Fourier coefficients of ¢, and sinc is the Fourier transform of the indicator function
of [-1/2,1/2]. Consider a window function f supported at the time interval [—S, S] that satisfies
the following. There exist constants C’, Y > 0, and x > 1/2, such that for every z > Y or 2 < =Y

f) <27 (60)

Let W > 0. For each M € N, we consider the following phase space domain G; C G, where
G is the STFT time-frequency plane,

Gu={(z,w) | —WM <w<WM, |z| <1/2+ 5}. (61)

The area of G in the time-frequency plane is

w(Grr) =2WM(1 4+ 285). (62)
Denote o
ol ={ g 0 G (63)

Theorem 29. Under the above setting, the STFT is LVD with respect to the class L*[—1/2,1/2]
and the discretization {V}men, with the envelopes Wy defined by (63) for large enough W that
depends only on € of Definition [23.

Proof. Let W > 1. A direct calculation of the STFT shows

[ Wilaltw.o) dx = [ )

We consider w > 0 and z > 0, and note that the other cases are similar. For each value of
w > MW, we decompose the integral (G4 along z into the two integrals in z € (0, (M + w)/2)
and z € (M + w)/2,00). For z € (0,(M + w)/2), since w > MW and z < (M +w)/2,

” ’ 2

f(z—w)

dz. (64)

z—w<M-w/2<-M(W/2-1) <0,

s0 |z — w| " obtains its maximum at z = (M + w)/2. Thus, by (©0),

(Mtw)/2 9 4 2 5 o iy
[ e fe—w) d < al__max C?1i-l

= llall3 € 1(M +w)/2 = w| ™ = |lall € |(M - w) /2| (65)
Integrating the bound (68) for w € (WM, c0) gives
%) (M+4w)/2 o 2 )
L[ R i - o) dedo = v = 12024 g o)
wM Jo

= ow (1)onr(1) [lq]1?.

(66)
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For z € ((M 4 w)/2,00), G decays like M*/?(z — M)~!. Indeed, since z > M

M

Z cpsine(z —n) < [[{entlls

n=—M

M M

1 1
> mSHQHQ > G- (67)

n=—M n=—M
< 2|lqll, VM(z = M)7".

Now, by (64) and (67,

> . 2
QP f )| dz <20fENaE  max Mz M)
/(M+w)/2 2 2 (M+4w)/2<z<0 (68)

2 12 -2
= [I£1Iz lgllz M((w = M)/2) "
Integrating the bound (68) for w € (WM, co) gives

[ iR -w = -7 o). (69)
WM J(M+w)/2

Last, the bounds (66) and (69) are combined to give ||(I —v¥ar)Vy[q]ll, = ow (1) [lgll5, so by the
frame inequality

I —¢m)Vylg
I = Velally )
Vlalll,
This means that given € > 0, we may choose W large enough to guarantee W% < €, and
2

also guarantee that for every M € N, [|¢n/||; < CcM, with Cc = 2W (1 + 25) by (62).
O

6 Applications of stochastic signal processing of continuous
signals

In this section, we introduce two applications of the theory developed in this paper: integration
of continuous frames and stochastic phase space diffeomorphism.

6.1 Integration of linear volume discretizable frames

Here, we show how to integrate a set of LVD continuous frames into one continuous LVD frame,
while retaining all stochastic approximation bounds of a single LVD frame. We first show how to
integrate frames.

Proposition 30. Let G and U be two topological spaces with o-finite Borel measures pug and py
respectively, with py(U) = 1. Let A,B,C > 0 and H be a Hilbert space. For each u € U, let
fouw 9 fgu be a bounded continuous frame over the phase space G and the signal space H,
with frame constants A, B and bound | fg.ul < C. Suppose that the mapping f : (g,u) — fgu
is continuous. Then f is a bounded continuous frame over the phase space G x U, with frame
constants A, B and bound || fg.ull,, < C.

Proof. Consider the mapping V; that maps s € H to the function

VJ‘[S] : (gau) — <Svfg.,u>-

By continuity of (g,u) — fg.u, Vr[s] is continuous for every s € H. Indeed

[Vilsl(g,u) = Visl(g', u) = [{s, fou) = (s, faru)| < lIsllag 1 fon = Forourlgg -
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Thus, for every s € H, Vy[s] : G x U — C is a measurable function. For each v € U, denote by
Vy. ., the analysis operator corresponding to the continuous frame f. . By Fubini-Tonelli theorem,
for every signal s € H

Wit = [t il dtan = [ [ oty Pdgdu= [V

Therefore,
2 2 2 2 2
Alst = [ AllslBdu < VLS < [ Bl du= Bl

and {fgu}(gu)eaxu is a continuous frame with frame bounds A, B.

Next, we show that the LVD property is retained under integration of frames.

Proposition 31. Consider the setting of Proposition [30. Let R C H be a signal class, and Vs
a discretization of R. Suppose that for every v € U, f., is an LVD frame. Let ¢ > 0 and
{Ym € LY(G)}35-, a sequence of envelopes. Suppose that for every u € U, f.., is e-LVD with
respect to the envelopes {{p; € L*(G)} and the constant C.. For each M, denote by ¥y €
LY(G x U) the envelope (g,u) — ¥ar(g). Then, f is an e-LVD frame with respect to the envelopes
{nr € LYG x U)} and the bound C..

Proof. By Fubini-Tonelli theorem
2
1V¢lsa] — 7/1MVf[SM]||§ = /U HVju[SM] - ¢va_,u[5M]H2 du < € ||Vf[5]||§ . (70)

O

Last, we show how to integrate operators in phase space, and show that mapping the energy
between envelopes up to ¢ (Definition 20)) is preserved under integration.

Proposition 32. Consider the setting of Proposition [30. Let R C H be a signal class, and Vs
a discretization of R. Suppose that for every v € U, f., is an LVD frame. Let ¢ > 0 and
{nm € LYG) Y551 and {¢ar € L' (G)} two sequences of envelopes. Suppose that for every u € U,
f-u is €-LVD with respect to the envelopes {nn € L*(G)} and the constant C.. For each u € U,
let T,, be a bounded operator in L*(G) with [Tullp2() < Cr. Suppose that for every M € N and
a.e. uw € U, T, maps the energy of nas to ¥ar up to €. Let T be the operator in L*(G x U) defined
for F € L*(G x U) by

Then T' is bounded with ||T|;2gxyy < Cr, and maps the energy of nu € LY G x U) toy €
LY(G x U) up toe.

Under the assumptions of Proposition 32 f and T satisfy the conditions of Theorems 27 and
This means that the number of random samples in the stochastic method in f, required for
a given accuracy, is comparable to the number of samples required for each {f. ,}uer. Namely,
the addition of the new feature direction U to the phase space G does not entail an increase in
computational complexity, and the approximation of the continuous method by the discrete Monte

Carlo method is of order O(%).

The above procedure of integrating continuous frames can be carried out when the definition
of a certain continuous frame depends on some free parameters u. For example, in the STFT and
the CWT, the window function and mother wavelet are free parameters. Instead of fixing the
window function, we may consider a parametric space of window functions, parameterized by wu,
sharing the same linear volume discretization, and add the parameter v as additional dimensions
to phase space. For example, in the CWT we may choose as u the spread of the mother wavelet.
Integration of frames is the basis on which we construct the LTFT in Definition [33] below.
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6.2 Stochastic diffeomorphism operator and highly redundant phase
vocoder

In this subsection, we study the signal processing pipeline when 7T is a diffeomorphism operator,
and propose a potential application in audio signal processing.

6.2.1 Stochastic signal processing with diffeomorphism operators

Let f : G — H be a bounded continuous frame, with bound ||f,|[,, < C, and suppose that the
phase space G is a Riemannian manifold. Let R C H be a class of signal, {Vis}ar a discretization
of R, and {n}ar a sequence of envelopes. Let € > 0, and suppose that {f, R, {Var}tar, {nar}ar}
is an e-LVD of f.

Let d : G — G be a diffeomorphism (invertible smooth mapping with smooth inverse), with
Jacobian J; € L>°(G). Consider the diffeomorphism operator T', defined for any F € L*(G) by

[TF](g) = F(d™"(9)- (71)

Note that ||T||, = |Jall,- Let r : C — C satisfy |r(z)] < Elz|. The signal processing
pipeline based on the diffeomorphism 7 is defined to be Pf,Tmels for the synthesis pipeline,

and Sf*leﬁTms for the analysis pipeline. The stochastic approximations of these pipelines are
given on sy; € Vi, up to the application of S;l from the right or from the left, by

K
& _ !
[Pon]™ = === ;T(Vf[S](g ) faigr)- (72)
In (T2), the points {gk}kK:1 are sampled from the envelope 7. This means that the points
{al(gk)}kl‘f:1 are sampled from the envelope ¥r(g) = nar (d(g)) Ja(g) with

larlly = ||mas (al(-))Jd(-)H1 = |Inam|;. We can use either Theorem 27 or Theorem 28 to bound the

v/ dim(Viy) )

stochastic approximation error, and in either case we obtain an error of order O( TR

6.2.2 Integer time dilation phase vocoder

A time stretching phase vocoder is an audio effect that slows down an audio signal without dilating
its frequency content. In the classical definition, G is the time frequency plane, and Vy is the STFT.
Phase vocoder can be formulated as phase space signal processing in case the signal is dilated by
an integer [52, Section 7.4.3]. For an integer A, we consider the diffeomorphism operator T' with
d(g1,92) = (Agi1,g2), and consider the nonlinearity r, defined by

r(e?a) = 'A%, (73)

for a € Ry and 0 € R. The phase vocoder is defined to be s +— VT o V[s]. Note that since the
STFT is a Parseval frame, there is no difference between analysis and synthesis signal processing.

Next, we replace the STFT frame in the phase vocoder with a highly redundant time-frequency
representation, based on a 3D phase space.

6.2.3 The localizing time-frequency transform

Here, we construct an example redundant time frequency transform based on a combination of
CWT atoms and STFT atoms. The CWT is better than the STFT at isolating transient high
frequency events, since middle to high frequency wavelet atoms have shorter time supports than
LTFT atoms. On the other hand, low frequency events are smeared by the CWT, since low fre-
quency wavelet atoms have large supports. We thus use STFT atoms to represent low frequencies,
and CWT atoms to represent middle frequencies. High frequencies are represented again by STFT
atoms with narrow time supports. This is done to potentially avoid false positive detection of very
short transient events by very short wavelet atoms.
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We then add to this 2D time-frequency system a third axis that controls the number of os-
cillations in the CWT atoms. We motivate this as follows. Time-frequency atoms are subject to
the uncertainty principle. The more accurately a time-frequency atom measures frequency, the
less accurately it measures time. Different signal features call for a different balance between the
time and the frequency measurement accuracy. In polyphonic audio signals we expect a range of
such appropriate balances, which means that no choice of window is appropriate for all features.
Hence, the addition of the number of oscillations axis may be useful for representing a variety of
features in polyphonic audio signals.

Consider a non-negative real valued window h(t) supported in [—1/2,1/2]. For example, the
Hann window is defined to be h(t) = (1 + cos(2wt))/2, and zero for ¢ ¢ [~1/2,1/2]. Consider a
parameter 7 that controls the number of oscillations in the CWT atoms. We denote by 0 < 7 < 7
the minimal and maximal number of oscillations of the wavelet atoms. The LTFT phase space
is defined to be G = R? x [r,72], where the measure pz on [r1,72] is any weighted Lebesgue
measure with us([71,72]) = 1. There are two transition frequencies in the LTFT, where the atoms
change from STFT to CWT atoms and back. In general, we allow these transition frequencies
0 <a, <b; <oo todepend on 7.

Definition 33 (The localizing time-frequency continuous frame). Consider the above setting. The
LTFT atoms are defined for (v,w,7) € R? X [11,72], where x represents time, w frequencies, and
T the number of wavelet oscillations, by

VER(&(t — z)) e @t if lw| < ar
fowr®) =4 VER(E(E - @)D i o < w| < b, (74)
\/Eh(bf(t —z))e?miwlt=a)  jf by < |w|

In the companion paper [33] we prove that the LTFT is an LVD continuous frame. This is
natural in view of Subsection [6.1] since, up to the low and high frequency truncation, the LTFT
is based on integrating LVD wavelet transforms.

6.2.4 LTFT-based phase vocoder

In this subsection we offer a toy example application of the LTFT, namely, integer time stretching
phase vocoder based on the implementation of Subsection The integer time dilation phase
modification r of ([T3) is said to preserve the horizontal phase coherence, and deals well with slowly
varying instantaneous frequencies [39]. When the instantaneous frequency of a component in a
signal changes rapidly, the phase modification r is not sufficient, and methods for “locking” the
phase to a frequency bin outside the horizontal line are used in modern implementations [31], [32].
Nevertheless, in this toy application we consider horizontal phase lock. One potential motivation
for using this simplistic model is that phasiness artifactd] may be alleviated by using CWT atoms,
since CWT atoms have shorter time supports than STFT atoms.

An example implementation of stochastic LTFT phase vocoder (72) is given in
https://github.com/Ronlevie/LTFT-Phase-Vocoder. In the companion paper [33], we prove
that the total number of scalar operations in the phase vocoder LTFT method is O(ZM +
M log(M)), when the number of Monte Carlo samples is K = ZM. In future work, we will
study more modern phase vocoder implementations based on the LTFT, akin to [34] 16}, 45} 4T].
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A Hilbert space Berntein inequality

The proof of Theorem 22] is based on the finite dimensional counterpart from [8, Theorem 2.6].
There, the theorem is formulated for vectors in R™, but can easily be extended to C".

Theorem 34 (Finite dimensional Bernstein inequality [8]). Let {v;}X_, € C? be a finite sequence
of independent random wvectors. Suppose that E(vy) = 0 and ||vk|y < B a.s. and assume that

pr > Zszl E ||vk|\§ Then for all 0 <t < p% /B,

P >t)] < < r + 1>
>t <exp|l—=—5 +-].
, 8p% 4
In the following proof of Theorem 22}, we use the fact that for weakly integrable random vectors
v : G — H and bounded operators 7" on H, we have

K

S

k=1

/W Tv(g)dg = T/W v(g)dy. (75)

G G

Proof of Theorem[22 For a fixed K we denote p = px. Let {w;}{°; be an orthonormal basis in
H, and P; be the orthogonal projection upon span{w;}]_;. Let us use Theorem 34 on the random
vectors {vi } B | = {Pjur},, as vectors of C%, for fixed j. By (75), we have

E¥(v]) = EV(Pjug) = PjEY (vg) = E(vy,) = 0.
Next, by the fact that P; is a projection

J
Uk

, = IBvelly, < llvklly, < B-

Now, the pointwise bound ||Pjvk||it < HU;CH?{ carries to the integrals in the calculation of the
expected values, so

K

> E|

k=1

J
Uk

2 K K
2 2
L= D ElIPkl < D Efully, < o
k=1 k=1

Thus, Theorem [B4] gives

VO<t<p?/B. P(

K

J
Z Uk
k=1

Next, we show that (7€) carries also in the limit as j — co. Consider the following functions
in the probability space G¥: the characteristic function x of the set

{g } ivk(g)

Zt)gexp(—%—i-i). (76)
2

>t
H

and characteristic function x; of

(e

K .
> vile)
k=1

>t}.

2
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By the fact that projections reduce norms, x;(g) < x(g) for every g € G{. Moreover, y;
is a pointwise monotone sequence of measurable functions. By the strong convergence of the
projections P; to I, we have

vge Gy . lim x;(g) = x(8)-
j—roo
This is shown as follows. Let g = (g1,...,9K) be a fixed point. If x(g) = 0 then it is trivial to

see lim;_,oo X;(g) = x(g). Otherwise, for every ¢ > 0 there is a big enough J. € N such that for
every j > J. we have

K K
> wlgn)|| - ’ > vilgn)| | <e
k=1 H k=1 2
Since x(g) = 1, we have
K
ka(gk) =r>t
k=1 H
Therefore, for € < 0.5(r —t), and any j > J.
K .
t<r—e< Zvi <r+e
k=1 2

so x;(g) = 1, which proves that lim; .o x,(g) = x(g). Lastly, {I) follows from Beppo Levi’s
monotone convergence theorem.
O

B Pseudo inverse of frame analysis and synthesis operators

For an injective linear operator with close range B : V — W between the Hilbert spaces V and
W, we define the pseudo inverse

BY WV, B*=(B|,_,,) Rsv,

where Rpy : W — BV is the surjective operator given by the orthogonal projection from W to
BV and restriction of the image space to the range BV, and B|v—>Bv is the restriction of the
image space of B to its range BV, in which it is invertible. Note that R}, is the operator that
takes a vector from BV and canonically embeds it in W, and Ppy = R5yRpy : W — W is the
orthogonal projection upon BYV. In the following we list basic properties of Vy and Vf+.

Lemma 35. Let [ : G — H be a continuous frame. Then the following properties hold.
1. V;er =1
2. VfoJr = Py, -
52 Vi P = Vi
4. The operator V} is the pseudo inverse of Vf"'*, and VIZ"*['H] = V¢[H].

5. (Vivp) ™t = Vjﬂ/jfr*,
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